Abstract-The Quality of Service (QoS) requirements for modern broadband wireless systems can be very high, with small error rates and delays. Packets with errors are usually discarded and need to be retransmitted, leading to performance degradation. An alternative to simple retransmissions like Automatic Repeat reQuest (ARQ) schemes, that can minimize the degradation is to combine the signals associated to different transmission attempts, usually called diversity combining techniques. This paper considers the use of Single-Carrier (SC) modulations with Frequency-Domain Equalization (FDE) and lowcomplexity soft combining ARQ schemes. The time diversity combining technique presented in this paper, allows packets associated to different transmission attempts to be combined in a soft way so as to improve the performance. This technique is employed in a Time Division Multiple Access (TDMA) scheme. An accurate analytical model is proposed for the evaluation of the uplink packet delay in non-saturated traffic condition, and for the system's throughput (goodput) considering a generic packet arrival process. Physical (PHY) layer (packet error rates) and system-level (goodput and packet delay considering both PHY and Medium Access Control (MAC) layers) results are presented and validated by simulations for two distinctive arrival processes: Poisson and Geometric.
I. INTRODUCTION

P
ACKET errors can be significant in wireless systems due to fading and shadowing effects, which may lead to significant decrease in the receiving power. The traditional approach to cope with an erroneous packet is to discard it, and ask for its retransmission, which corresponds to the conventional Automatic Repeat reQuest techniques (ARQ). The major problem with conventional ARQ techniques is that persistent unfavorable propagation conditions may originate a very high Packet Error Rate (PER). The individual packet error probability is not affected by the number of packet retransmissions because the information contained in the signal of the discarded packets is not used. Hybrid ARQ/Forward Paper approved by V. A. Aalo, the Editor for Diversity and Fading Channel Theory of the IEEE Communications Society. Manuscript received February 9, 2011; revised July 25, 2011 .
A preliminary and reduced version of this paper was presented at IEEE WCNC'10. Error Correction (FEC) strategies were proposed [1] - [7] to cope with these scenarios. This paper considers only the Type-II strategies, which retain the signal associated to an erroneous packet and that may ask for additional redundancy. These packet-combining (PC) systems can be loosely arranged into two categories [8] : code-combining systems and diversitycombining systems. In code-combining (CC) systems [1] - [5] , the packets are concatenated to form noise-corrupted code words from increasingly longer and lower rate codes. The CC approach relies on a powerful error correcting code that is punctured, to increase the data rate. Successive retransmissions reduce the puncturing, and therefore, increase the error correction capacities of the code. This limits the error correction capability to the base code capabilities.
In diversity-combining (DC) systems [6] , [7] , the individual symbols from multiple, identical copies of a packet are combined to create a single packet with more reliable constituent symbols. They are based on repetition codes with a soft decision, which are not bounded by the performance of the basic code. DC systems are simpler to implement, and allow efficient implementations with performances comparable to the CC systems when iterative detectors are used [7] .
The use of Hybrid-ARQ (H-ARQ) techniques improves the network throughput compared to conventional ARQ techniques because the packet error probability (p i ) for the retransmission i is usually lower than p i−1 . One of the purposes of this paper is to study the performance of a more comprehensive system than the current research approaches. We consider a Time Division Multiple Access (TDMA) scheme, where a station shares a multiple access communication channel by transmitting its packets during its dedicated time slots, and a generic packet arrival distribution function. We can classify the current research in two main areas: one that approaches the problem focusing mainly on the transmission techniques to lower the packet error rate and consequent delay and throughput; another that focuses on studying the delay based on queueing theory and the usage of TDMA.
The first group uses analytical models or Monte Carlo simulation studies (e.g. [9] ). Kallel [10] analyzed the maximum throughput for the [2] H-ARQ scheme, using convolutional coding and exploiting code combining. Zhang et al. [11] , [12] proposed a selective combining approach, and analyzed its transmission delay and throughput for a Rayleigh fading channel. Fading channel support was further extended, considering: noisy feedback and truncated ARQ [13] ; information-theoretic performance for random access with random Gaussian codes [14] ; the performance of low-density parity-check (LDPC) code ensembles with iterative belief-propagation decoding 0090-6778/12$31.00 c 2012 IEEE [15] ; and an integrated approach that adds the static channel information to the sum of Signal-to-Noise Ratio (SNR) [16] . Huang et al. [17] analyses the optimal scheduling policy for an H-ARQ downlink, which maximizes the link's throughput (minimizes the number of retransmissions) for Poisson arrival processes. Boujemâa et al. [18] analyzed the maximum throughput performance of H-ARQ schemes with diversity and code combining using Direct Sequence Code Division Multiple Access (DS-CDMA) with a Rake receiver. They also analyzed [19] the delay of cooperative truncated H-ARQ with opportunistic relaying for Poisson sources, where relay nodes with better SNR may handle retransmissions. Choi et al. [20] and Le Duc et al. [21] , [22] considered the H-ARQ performance for the group of fragments that compose an Internet Protocol (IP) packet. They proposed IP-Medium Access Control (MAC) cross-layer optimizations and a model for the IP packet error rate and transmission delay. Luo et al. [23] analyzed the Service Data Unit (SDU) delivery delay of selective-repeat ARQ (SR-ARQ) as a function of the SDU size and the channel coding scheme. Badia et al. [24] , [25] analyzed the SR-ARQ packet delay statistics using Markov channel models and assuming a constant round-trip time, which originate periodic packet retransmissions. Paper [25] extends [24] (uncoded systems), analyzing the performance of SR-ARQ with a truncated type II H-ARQ technique based on Reed Solomon erasure codes. Bauch [26] and Gore [27] introduced the concept cyclic delay diversity in the channel frequency with the objective to mitigate channel correlations across multiple retransmissions. This concept was also applied on H-ARQ schemes by Gidlund [28] .
TDMA is used in several current wireless network systems (e.g. 802.16 [29] , LTE [30] , etc.) when hard QoS (Quality of Service) guarantees are needed. TDMA was the focus of an extensive list of past works (e.g. [31] - [36] ), which assumed a constant packet error probability for the different retransmissions. Lam [31] considered an errorless TDMA system for Poisson traffic, and Khan [33] relaxed the traffic assumptions. ARQ error control was analyzed by Saeki and Rubin [32] for a Poisson distributed packet arrival process. Rubin and Zhang [34] analyzed the packet delay for TDMA using multiple contiguous-slot assignments and considering a generic packet arrival process and a geometric packet delay. This model can be used for a conventional ARQ approach when the transmission and processing delays are not taken into account. Neuts et al. [35] considered a finite buffer TDMA system with Poisson traffic. Chen and Chang [36] proposed a delay analysis model for TDMA where the slot assignment is characterized by a random variable, for a Poisson distributed packet arrival process. Seo et al. [37] presented a study for an Hybrid-ARQ scheme, considering a M/G/1 model with convolutional codes, when a maximum of two packets are combined.
In this paper, we study the performance of H-ARQ techniques for SC-FDE (Single Carrier with Frequency-Domain Equalization) schemes. SC-FDE schemes are generally accepted as one of the best candidates for the uplink of future broadband wireless systems [38] . Particularly, we propose and analyze a new H-ARQ retransmission strategy for SC-FDE where the transmitter employs a shifted packet approach to Fig. 1 . Receiver process.
improve the H-ARQ performance particularly suited when the channel presents severely time-dispersive characteristics. Considering a TDMA scheme, we describe a new analytical model valid for a generic H-ARQ TDMA scheme. To the best of our knowledge, this paper is the first to propose an accurate model concerning the queue-size and the packet delay analysis of a TDMA system with an H-ARQ Type-II technique, for a generic packet arrival distribution. Numerical simulation results are presented in order to validate the system characterization. The analytical model is also validated using ns-2 [39] simulations, showing its accuracy. Results concerning goodput and packet delay using two traffic distributions (Poisson and Geometric) and taking into account the transmission technique simulations, are properly addressed. As expected, H-ARQ reduces significantly its packet delay compared to the conventional ARQ technique.
Although our analytical model can be applied to any transmission technique, we considered its application in SC-FDE schemes. This model can be viewed as a tool for system analysis and for system configuration (e.g. determine the minimum E b /N 0 value that satisfies an average delay bound given a traffic model bound).
The paper is organized as follows: the system overview, including our soft packet combining technique is presented in Section II. The system performance is evaluated in Section III. Performance results are presented in Section IV. Finally, Section V is concerned with the conclusions of this paper.
II. H-ARQ SYSTEM DESIGN
In this paper, we consider the uplink transmission on a SC-FDE system. As with other FDE systems, data is transmitted in fixed size blocks and the time-domain block associated to a given user (i.e., the corresponding packet) is {s n ; n = 0, 1, . . . , N − 1}, where s n is a data symbol selected from a given constellation. To each time-domain block {s n ; n = 0, 1, . . . , N − 1} we associate a frequencydomain block {S k ; k = 0, 1, . . . , N − 1} which is the Discrete Fourier Transform (DFT) of {s n ; n = 0, 1, . . . , N − 1}. As with other block transmission techniques, a suitable cyclic prefix is added to each time-domain block.
When packet errors are detected we ask for its retransmission, but the signal associated to each transmission attempt is stored as shown in Fig. 1 . The packet associated to the rth attempt to transmit {s n ; n = 0, 1, . . . , N − 1} is {s (r) n ; n = 0, 1, . . . , N − 1}.
A. Receiver Characterization
Let us assume that we have l versions of the packet (i.e., there were l transmission attempts 1 ) and our receiver combines them in an efficient way. The received signal associated to the rth transmission attempt is sampled and the cyclic prefix is removed, leading to the time-domain block {y 
with
is the overall channel frequency response for the rth transmission attempt and {S
Our receiver, which is based on the Iterative Block-Decision Feedback Equaliser (IB-DFE) receivers proposed in [40] , is depicted in Fig. 2 . We have an iterative frequency-domain receiver where, for a given iteration i, the frequency-domain samples at the output are given bỹ
where {F 
(without loss of generality, we assume that |s n | 2 = 2, i.e.,
n } denoting the LogLikelihood Ratios (LLRs) of the "in-phase bit" and the "quadrature bit", associated to s n , respectively, and {s
whereŝ (i) n = ±1 ± j are the hard-decisions associated tos
The optimum feedforward coefficients for a given iteration, can be written as (see [7] )
where
(i.e., α is the inverse of the SNR), the correlation coefficient ρ (i) is given by
(|Re{s
and
The optimum feedback coefficients (also to minimize the signal-to-noise plus interference ratio) are given by (see [7] )
For the first iteration (i = 1) we do not have any information about S k and the correlation coefficient ρ (0) is zero. This means that B
(1)
corresponding to the optimum coefficients for a linear FDE [41] . The feedforward coefficients, can be written as
This means that the bank of feedforward filters can be replaced by a bank of matched filters, corresponding to an ideal Maximum Ratio Combining (MRC), followed by a single feedforward filter characterized by the set of coefficients {C
B. Coping With Static Channel Conditions
In conventional ARQ systems when the transmitter receives a retransmission request (e.g., a Negative Acknowledgement (NACK) or a suitable timeout), it simply retransmits the erroneous packet. Ideally, it would be better to have different channel conditions not to repeat the failure, i.e., the channel conditions should be uncorrelated from retransmission to retransmission attempt. We denote this condition as Uncorrelated Channel (UC). Typically, to have UC conditions we need to change the working band for each retransmission attempt (something not practical), and/or we need to have an interval between retransmissions large enough to allow significant channel variations due to Doppler effects (which might lead to significant delays in the ARQ case), and/or the user movement is significant and his new position is quite different (something very particular).
When these reasons do not happen the channel remains constant or almost constant during the different retransmission attempts, and we denoted this condition as Equal Channel (EC).
However, for the severely time-dispersive channels considered in this paper, the transmitter can employ a strategy to reduce the apparent correlation between the equivalent channel for different retransmission attempts. The basic idea is that the correlation between the channel frequency response for the kth subcarrier 2 and the k th subcarrier (H k and H k , respectively) can be very low if k and k are not adjacent nor even very close. To take advantage of this, we could assume that the frequency domain block associated to the rth retransmission of a given packet, {S
Since this is formally equivalent to assume that {H
is an interleaved version of {H k ; k = 0, 1, . . . , N − 1}, the interference correlations for each frequency can be very small. However, to avoid transmitting signals with very large envelope fluctuations, it is better to assume that {S
, it is a cyclic-shifted version of {S k ; k = 0, 1, . . . , N − 1}, with a shift ζ r , which means that the corresponding time-domain block is {S
k , with a shift −ζ r (a similar reasoning is behind the diversity techniques of [26] - [28] ). In general, the larger ζ r the smaller the correlation between H (r) k and H (1) k , provided that ζ r < N/2 (this is also effective against narrow-band interference) 3 . In this paper we assume that the different ζ r are the odd multiples of N/2, N/4, N/8, etc., i.e.,
This has the additional advantage of having the envelope fluctuations on the time-domain signal associated to {s (r) n ; n = 0, 1, . . . , N − 1} similar to the ones associated to {s n ; n = 0, 1, . . . , N − 1} (in fact, the transmitted signal is still QPSK r = 2, 3 and 4), something not critical when we employ OFDM signals as in [26] , [28] . This retransmission strategy will be denoted as Shifted Packet (SP).
C. Detector Performance
In this section, we present a set of performance results concerning the proposed packet combining ARQ technique for SC-FDE schemes, obtained using Monte Carlo simulations. Each time-domain block has N = 256 data symbols selected from a QPSK constellation under a Gray mapping rule, totaling 512 bits per data block. Therefore, each data packet has 64 bytes. A severely time-dispersive multipath channel considering the power delay profile type C for HIgh PERformance Local Area Network (HIPERLAN) with uncorrelated Rayleigh-distributed fading on different paths was assumed. We have perfect synchronization and channel estimation conditions at the receiver. In terms of the characteristics of the channel we considered the two conditions referred above and also the new retransmission strategy:
• UC, where we have uncorrelated fading for different retransmission attempts.
• EC, where we have the same channel for different retransmission attempts.
• SP, where we have the same channel for different retransmission attempts (as with the EC case), but the transmitter performs cyclic shifts in the frequency-domain as described before. Figs. 3 and 4 show the average Packet Error Rate (PER) of our receiver when we have l transmission attempts. We consider both the linear receiver (single iteration) and the iterative receiver (with 4 iterations), the UC and EC conditions as well as the SP retransmission strategy. For the sake of comparisons, we also include the PER performance when we do not have the packet combining (in this case assuming only EC conditions). In both figures, the SP strategy outperforms the EC condition as expected, with higher gains for the linear receiver. The reason for this behaviour is that the linear receiver has a high sensitivity to deep in-band frequency notches, and the SP strategy reduces the probability of these notches when we combine the signals associated to different retransmissions; the iterative receiver can be regarded as a turbo FDE, which has significant robustness against these frequency notches. These figures show that our packet combining techniques allow significant PER reduction as we increase the number of transmission attempts. This is not surprising, since the total transmitted power grows with the number of transmission attempts and our receiver takes full advantage of all transmitted power. As expected, the iterative receiver has better performance than the linear receiver, with higher differences when the number of transmission attempts is lower: the differences for PER=10 −1 are about 5dB when l = 1, and 1dB when l = 4.
III. H-ARQ PERFORMANCE ON A TDMA SYSTEM
In this section, we present the packet delay and goodput analysis for a generic H-ARQ TDMA system and for a generic packet arrival distribution. An H-ARQ system can be characterized by its probability of successfully transmitting a packet given by q l , 0 < q l < 1, with l, 1 ≤ l ≤ R, representing the number of transmission attempts of each packet and R representing the maximum number of transmissions allowed for each packet. This probability can be described by analytical expressions for linear receivers and uncoded systems, but for iterative receivers or coded systems it is very hard to have an exact expression for q l (usually it is only possible to have analytical bounds [10] ). However, q l can still be obtained using simulations, as the ones presented in Section II-C for the detector proposed in this manuscript.
The proposed performance models can also be used for classical TDMA systems, where q l = q 1 for all l values.
A. System Characterization
We consider a full duplex communication channel on a TDMA basis. Time is divided into equal length slots. The beginning of a packet transmission across the channel coincides with the start of a slot.
We assume that each packet contains one block of data 4 , 4 The model can still be used to calculate the block level delay for variable packet length if the block arrival statistics are obtained by combining the packet length and the packet arrival statistics. so that a packet transmission time is equal to one slot. M n represents the number of packet arrivals at the station during the nth slot, according to a stochastic process. We assume that {M n , n ≥ 1} is a sequence of i.i.d. random variables, and we set a m = P (M n = m), m ≥ 0, and
is the expected number of packet arrivals per slot. The station is scheduled to transmit in one slot per TDMA frame. A TDMA frame contains T + 1 slots, with T ≥ 1, representing the group of slots scheduled to other stations 5 . Packets can only be transmitted in one of the T+1 frame slots, which is defined according to the TDMA's scheduling policy. The scheduled slot repeats itself with a periodicity equal to the TDMA frame duration. In the model, it is also assumed that acknowledgements are received before the beginning of the next slot. This section proposes a complete solution for the delay when we have just one scheduled slot per station.
B. Generating Function of the System Size
Let X k represent the number of packets in the station's queue waiting for transmission (backlogged), and Z k represent the number of transmission attempts of the head-of-line (HoL) packet at the end of slot k. Let Y k represent the scheduled slot index in the TDMA frame of slot k, with k ≥ 1 and 1 ≤ Y k ≤ T + 1. At the start of slot k the station has X k packets in the queue. If a given station is scheduled to transmit in the first slot of the frame, then during slot k the station tries to transmit the HoL packet for the Z k th time when
The system is stable if the average inter-packet arrival time (i.e. 1/α 1 ) is higher than the average packet service time 6 , (T + 1) E[Z] (measured in slots per packet), i.e., 5 Slot scheduling is outside the scope of this paper. It is assumed that data slots are scheduled after reservation requests sent over a control channel 6 Packets may not be correctly received after R transmissions. When error recovery protocols are run on top of the MAC protocol, α 1 must be at least less than the maximum average number of packets successfully transmitted, denoted by the saturation goodput Gsat, calculated in (38) . The actual stability bound value depends on the efficiency of the error recovery protocol used.
represents the average number of transmissions for a packet until its successful reception or until being dropped. It is given by
where Q x is the probability of having x − 1 failed transmissions:
Under the stability condition, the conditional steady-state distribution {X k } given that Y k = j and Z k = l and the steady-state distribution of {X k } in the Cesàro sense exists. Denote the steady-state conditional probability
and the corresponding steady-state probability
Next, we define a set of z-transforms, |z| ≤ 1.
The steady-state probabilities referred previously satisfy the equilibrium equations represented in (19) considering i ≥ 0. The steady-state conditional probability of X k (the number of packets backlogged in the stations' queue at the beginning of slot k) for the TDMA slot index next to the slot scheduled to the station (i.e. for j = 2 when the first slot is scheduled) and Z k are influenced by what happened during the previous slot: Z k is incremented after a failed transmission (19d); Z k is set to 1 and X k is decremented after a successful transmission (19c). Equation (19c) also handles the last retransmission of a packet (Z k−1 = R) or an idle slot (X k−1 = 0) during the previous slot. The steady state conditional probability of X k is only influenced by the arrival of new packets for the other TDMA slot index values.
Noting that P (Y k = j) = (T + 1)
we have
Considering (16) and (17), we then obtain
Proposition 1: Π (z) is given by the set of equations represented in (22) .
Proof: see the Appendix. Substituting U j,l (z) in (21) by the expression (22) and after several simplifications, the equation (21) may be derived to the form
Using (22a) to (22d) iteratively, U 2,l (z) can be expressed as follows
Due to the fact of P 1,0,l = 0 (an empty queue does not have packets previously transmitted) for l ≥ 2 we obtain
Now, we will focus on U 2,1 (z) since Π (z) still depends on it. We can define U 2,1 (z) as
To solve it, we consider again the fact of P 1,0,l = 0 for l ≥ 2 and after using (22a)-(22d) iteratively we obtain
and Q x is the probability of having x − 1 failed transmissions, as defined in (13).
By the normalization condition, R l=1 U 2,l (1) = 1, we obtain
where U 2,1 (1) is determined applying the L'Hôpital's rule and is equal to
From (23) and (24) we obtain the generating function
C. Mean System Size
The mean number of packets in the station's queue can be computed by taking the derivative of Π (z) and letting z → 1.
From (28) we obtain (29) .
To accomplish U 2,1 (1) we compute the derivative of (25) and apply twice the L'Hôpital's rule. Thus, we obtain
where f 2 and g 2 are respectively defined by (33) and (34).
D. Delay Analysis
The packet delay E[D] is defined as the time interval between the packet arrival and its removal from the queue (at the end of a slot). Due to the continuous time packet arrival distribution nature, E[D] is composed by an initial vacation time (until the beginning of a slot) and by a discrete packet delay time (until the packet departs from the system). The discrete packet delay, denoted by E [D ] , is defined by the number of slots elapsed between the slot of the packet arrival and the instant it departs from the system. Using the Little's formula and assuming a first-come-first-served (FCFS) service discipline, the discrete mean packet delay is given by
and is calculated using (29) . The vacation time mean value depends on the distribution of the packet arrival deviation from the slot boundary, denoted by Φ. The deviation from the slot boundary of packet k ∈ [1, ∞[ that arrives at time t k is given by φ k = t k −t k . The mean packet arrival deviation is defined in a Cesàro sense by the following equation.
Therefore, the packet delay is given by
This equation can be used with any packet arrival distribution, as long as the packet arrival process, A(z), and the packet arrival deviation from the slot boundary, are defined. If the packet arrival deviation from the slot boundary is unknown, a uniform distribution approximation can be considered, with
This approach is more generic than the traditional approach for delay analysis, which considers a Poisson process packet arrival and the use of the theory of embedded Discrete Time Markov Chain (DTMC), specially the Pollaczek-Khintchine formula. The next section validates the proposed model, assuming arrivals to be governed by the following two streams.
1) Poisson Arrival Process:
Considering arrivals to be defined by a Poisson Process given by
we obtain
For a Poisson packet arrival process the deviation from the slot boundary is E[Φ] = 1/2.
2) Geometric Arrival Stream:
Considering a geometric stream of independently arrival events, with probability p of occurring a single packet arrival and probability (1 − p) of no occurring, 0 < p < 1, we have
E. Goodput Analysis
The average packet's service time counts the number of slots used to transmit a packet or to cancel its transmission after R retries, and is equal to
Let G sat be the channel's saturation goodput. It is limited by the average packet's service time and by the probability of successful transmission, and is given by
The channel goodput, G, follows (1 − Q R+1 ) α 1 as long as the channel is not saturated.
IV. SIMULATIONS
In this section, we present a set of performance results concerning the presented H-ARQ for a TDMA uplink channel. The system-level performance is analyzed using the results obtained in Section II-C and the analytical model of Section III. We consider, as referred earlier, one slot per station and 8 stations (T = 7) generating traffic following a Poisson process or a Geometric stream with α 1 = λ packets/slot. In the Geometric stream case, it was considered a uniform packet arrival deviation from the slot boundary in [0, 1], defining E[Φ] = 1/2.
We implemented the described retransmission strategies (two channel conditions and the shifted packet strategy) in the ns-2 simulator [39] . We assumed that q l for packets is a mean-ergodic process, and we modeled the PER variation with l using the PER values with 4 iterations measured in the first set of experiments, and represented in Fig. 4 . The q l as a function of E b /N 0 is introduced as a matrix parameter for the simulations. In our analysis, we compared H-ARQ with R = 5 (it attempts up to 5 transmissions per packet) and the 
Figs. 5 and 6, show the main performance differences under Poisson traffic load between each retransmission strategy considered and the number of iterations, for goodput and delay respectively. It can be observed, as shown in Figs. 3 and  4 , that the linear FDE (1 iteration on the receiver) present worse performance (lower goodput or higher delays) than the iterative receiver (4 iterations considered). This is more visible for the EC condition. UC condition outperforms any other transmission strategy. This is expected and already anticipated when the UC was introduced. However, it is quite unrealistic to consider such an uncorrelation between retransmissions. The traditional channel condition adopted is the EC, and our SP strategy presents equal or better results whatever set of E b /N 0 weighted. Therefore, from this point on we consider the SP strategy. that the measured goodput follows the analytical values, thus validating it. It also shows huge saturation goodput gains achieved with packet combining for E b /N 0 < 9dB, where q 1 is low but a higher q l with l > 1 allows the SP retransmission strategy to be successful. It can be shown that we can always achieve a higher or equal goodput with SP strategy over conventional ARQ schemes on the same conditions. Fig. 8 depicts the simulation and the analytical model for packet delay in function of E b /N 0 for 1/λ equal to 20, 30 and 50 slots/packet (considering Poisson process), both for the SP strategy and conventional ARQ scheme. The analytical results were computed using (35) and (36) . It shows that the measured delay follows precisely the analytical model values, thus validating it. It also shows that the SP strategy outperforms systematically the conventional ARQ, producing lower or equal delays, and having finite delays for lower E b /N 0 values. Notice that packet combining allows a finite delay even for an initial very high PER (q 1 ≈ 0 for 4dB). The figure also shows that the packet delay is bounded to a maximum value. The maximum delay occurs when packets are retransmitted R times, for a high PER (associated to a low E b /N 0 ), and varies with the packet load. Fig. 9 presents the simulation and the analytical model for packet delay in function of 1/λ for different E b /N 0 with and without packet combining strategy. It shows that the packet delay for the SP strategy is less sensible to the load than for conventional ARQ. SP strategy's delay grows slowly when the load increases (1/λ decrease) except when the load approaches the saturation limit (defined by the saturation goodput in Fig. 7 ). Conventional ARQ scheme delay grows faster outside the saturation limit (E b /N 0 = 6dB), unless the success probability q 1 is high (E b /N 0 = 8dB). using Poisson process. SP strategy outperforms systematically conventional ARQ, producing lower or equal delay values, independently of the arrival stream selected. Fig. 11 and Fig. 12 present the results of the analytical model for packet delay in function of E b /N 0 and 1/λ for Poisson arrival stream, respectively for the SP and conventional ARQ schemes. With SP strategy, we have a much larger useful range of E b /N 0 than in conventional ARQ. Fig. 7 showed that conventional ARQ does not allow traffic to flow for E b /N 0 < 3dB, resulting on the delay bounds represented in Fig. 12 associated to R unsuccessful retransmissions of the packets. SP, in the same conditions, allows a better traffic flow (as seen in Fig. 7 ) and a feasible packet delay reduction, proven in Fig. 11 . Therefore, it is possible to offer a more robust system in scenarios where E b /N 0 is critical. With the analysis performed on aforementioned figures, a correct and effective system configuration for predetermined delay requirements is possible. It is viable to compute the minimum needed E b /N 0 value within an average delay bound requirement for a given generated traffic value. Let's consider a generating traffic value (Poisson process) of 1/λ = 40 slots/packet and a requirement delay bound value of 40 slots. Looking at Fig. 11 , with packet combining technique, a minimum E b /N 0 = 3dB is needed to fulfill aforementioned requirements. Without packet combining technique, Fig. 12 , a minimum value of E b /N 0 = 6dB is necessary. Therefore, the analytical model presented allows an effective power control when throughput and delay bounds are implicit.
V. CONCLUSIONS
In this paper, we have carried out exact goodput, packet delay and queue-size analysis for a single slot per frame packetswitched TDMA applying a packet combining ARQ scheme in a full duplex system. We proposed a generic analytical model that applies to any packet arrival distribution, which obtains the generating function of the system size in steadystate. This model also applies to any transmission technique employing a TDMA hybrid ARQ scheme. The packet delay and goodput are calculated using the model output. Although the proposed analysis is valid for any transmission technique with packet combining, provided that we have the PER values for each transmission attempt (obtained either analytically or by simulation), we considered an SC-FDE scenario. Our 
we obtain the z-transforms represented in (22 
